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Summary 

This report describes an investigation of an adaptation of a variable-emphasis 
limiter arrangement - devised originally for u.h.f. and v.h.f./fm. sound-broadcasting - as 
a sound-signal processing system for h.f broadcasting. Subjective tests have been carried 
out to compare the speech intelligibility obtained in adverse conditions using an experi- 
mental variable-emphasis system with that obtained using the normal BBC processing 
technique. The results indicate a definite preference for the experimental system. 
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A VARIABLE-EMPHASIS LIMITER TO IMPROVE THE TECHNICAL QUALITY 

OF HF BROADCASTING 
W.I. Manson, B.Sc(Eng.) 



1. Introduction 

Reception of h.f. radio signals may be affected by 
fading, by static interference, by interference from un- 
wanted transmissions and even by deliberate jamming. 
These effects degrade the quality of reproduced programme, 
sometimes to the extent that speech becomes unintelligible. 
In order to improve reception in unfavourable conditions, 
in particular to improve speech intelligibility, the sound 
signals applied to h.f. transmitters are often subjected to 
some form of 'processing'. Typically they are subjected to 
band restriction — sometimes with emphasis of the higher 
frequencies within that band — and considerable compres- 
sion of the dynamic range; they are also limited or clipped 
to prevent over-modulation of the transmitter. Unfor- 
tunately, the shaping of the programme spectrum, the 
effects of gain fluctuation in the compressor or limiter, and 
the possible introduction of distortion products may be 
apparent and detrimental in good reception conditions. 
Any sound-signal processing arrangement for h.f. broadcast- 
ing thus represents a compromise between maintaining intel- 
ligibility in adverse reception conditions and quality in 
more favourable conditions. 

In order to improve reception under adverse con- 
ditions the sound signals radiated by BBC h.f. transmitters 
are at present subjected to processing by a spectrum- 
shaping network, followed by compression in a limiter. 
Fig. 1 shows the amplitude/frequency response of the spec- 
trum-shaping network used; this comprises, essentially, a 6 
dB/octave bass cut at low frequencies, a low-pass filter 
restricting high frequencies to about 6 kHz and a progres- 
sive lift of about 6 dB from 300 Hz to 6 kHz. The spec- 
trum-shaping network is followed by a rapid-gain-reducing 
limiter, with a nominal recovery time of about 0-5s, arranged 
to give 16 dB compression for a 1 kHz input signal at its 
nominal maximum level. 

During a series of informal tests, the arrangement des- 
cribed above was compared with a number of alternative 
systems, in terms both of the intelligibility of speech in the 
presence of interference and of the quality of the repro- 
duced programme in the absence of interference. Con- 




sideration of the test results (see Section 2) led to a study 
of the use of a variable-emphasis limiter arrangement as a 
sound-signal processing system for h.f. broadcasting, as 
reported in Section 3. 



2. Preliminary tests 

The present signal processing arrangement, together 
with two experimental systems having somewhat similar 
spectrum-shaping, though with a rather more extended bass 
response and greater emphasis of the higher frequencies, 
were subjectively assessed informally by a few expert 
listeners. One of the experimental systems used instan- 
taneous clippers and the other a variable-emphasis limiter ' 
to control the maximum signal level. The general arrange- 
ment used in the latter case is shown in Fig. 2. A flat- 
spectrum* non-overshoot input limiting stage is preceded 
by a band-restriction network and followed by a network 
emphasising the higher audio frequencies. The latter net- 
work, in turn, is followed by the variable-de-emphasis 
limiting stage, which progressively introduces a top-cut as 
necessary to prevent over-modulation by emphasised high- 
frequency signal components i.e., in the limit the variable- 
de-emphasis stage simply offsets the emphasis in the pre- 
ceding network. For these early tests the preferred 
recovery time, T H ^ 2 >** °f tne first-stage limiter was about 
500 ms and that of the second stage about 80 ms. The 
apparatus and input signal level were lined up so that the 
total amount of gain reduction for a 1 kHz input signal at 
nominal maximum level was about the same as for the 
present standard arrangement. All the tests were carried 
out at baseband (i.e. no h.f. modem was included). 



56 8-I0 2 2 3 4 56 8 10 3 2 3 456 810 4 
frequency, Hz 
Fig. 1 - Amplitude/frequency characteristic of sound- sign a I 
spectrum shaping network used in the processing arrange- 
ment now in service 



The programme was reproduced on a high-quality 
monitoring loudspeaker in a quiet room with a volume of 
85 m 3 and a mid-band reverberation time of 0-3s. A net- 
work having the amplitude/frequency characteristic shown 
in Fig. 3 was inserted in the monitoring circuit to simulate 
the overall characteristics of an a.m. receiver. 

Speech intelligibility for the various systems was com- 
pared by adjusting the relative levels of the processed signals 
until the intelligibility was judged to be the same for each, 
in the presence of a 'rotary' type jamming signal injected at 
a nominally fixed level into the reproducing chain before 
the a.m. reception simulation network. It is recognised 
that this technique is not a rigorous test of speech intelligi- 



In this report the term 'flat-spectrum limiter' is used to describe a 
limiter in which, at any instant, the gain is the same for all signal 
components, irrespective of their frequency. 

* Limiter recovery time, rpi2' ' s defined for this report as the 
time required, after removal of a test signal causing 12 dB gain 
reduction, for limiter gain to recover by 8 dB (i.e. half-way on a 
linear scale). 
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Fig. 3 - Amplitude/frequency characteristic of network 
used to simulate a.m. receiver characteristic 



about 1 dB improvement on the present system. However, 
considering the quality of the programme with no added 
interference, the clipper arrangement received adverse 
comment because of impairment due to the introduction of 
waveform-distortion products, the impairment being very 
serious on certain musical items. The present BBC arrange- 
ment was free from impairment of this kind, but gave some 
degradation of quality due, principally, to the effects of 
programme compression, notably some exaggeration of 
initial consonants and of breathing noises, and interference 
with natural reverberation effects. The variable-emphasis 
arrangement, also, was free from impairment due to wave- 
form distortion, and was judged to introduce marginally less 
impairment due to gain-fluctuation effects than the present 
system. 

3. Variable-emphasis limiter systems 
3.1. General 



bility, but it is adequate to show the rank order of the sys- 
tems and to give some indication of the differences between 
them. 

On the basis of these tests all the processing systems 
examined gave a very marked improvement of intelligibility, 
estimated in the manner described, compared with unpro- 
cessed signals at the same nominal peak level. The clipper 
system gave the greatest increase of intelligibility — about 
2 dB more than the present BBC arrangement, and the 
variable-emphasis apparatus gave intermediate results — 



At this point in the investigation, the performance of 
various spectrum-shaping networks were studied informally, 
principally in terms of the quality of the reproduced pro- 
gramme. Taking first the bass response, it was decided to 
consider briefly the use of a relatively sharp-cut high-pass 
filter rather than the gradual bass roll-off described in 
Sections 1 and 2. Filters with a cut-off frequency above 
about 200 Hz caused a marked change of character of the 
programme; quality was improved as the cut-off frequency 
was reduced and a 100 Hz high-pass filter was selected for 
use in further investigations. For the higher frequencies it 
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56 8-I0 2 2 3 456 810 3 2 3 4 56 810 4 
frequency, Hz 

Fig. 4 - Overall amplitude/frequency response of spectrum- 
shaping network used in the tests described in Section 3 

was considered that a response intermediate between those 
used earlier might be preferable. A 50 \x% pre-emphasis 
characteristic was found to be suitable and was adopted for 
further tests, the response still being ultimately restricted to 
about 6 kHz by a low-pass filter. The composite amplitude/ 
frequency response characteristic, determined somewhat 
informally as described, is shown in Fig. 4. 

The overall performance of a programme processing 
system of the kind being considered is affected both by the 
spectrum-shaping and by the amount of compression intro- 
duced. Programme quality in favourable conditions could 
undoubtedly be improved by drastically reducing the 
amount of compression, but at the price of intelligibility in 
adverse conditions. On the other hand, speech intelligibility 
might possibly be increased, at the expense of quality, by 
raising the amount of compression. 



enced listeners who attended individually. Each was asked 
to set the reproduced programme to his preferred listening 
level, to set the level of the interfering signal for an esti- 
mated 'word-intelligibility' of about 70% for the present 
system and then, on the experimental system, to adjust the 
output level for the same intelligibility, keeping the inter- 
ference level constant. 

The test material used as the wanted signal comprised 
recordings of eight English male voices, while a recording of 
a 'rotary' type of jamming signal was used as the source of 
interference. The investigation was carried out in quiet 
listening conditions as before, with the programme repro- 
duced on a high-quality monitoring loudspeaker, though 
with the a.m. reception simulation network, Fig. 3, in 
circuit throughout. 

3.2.3. Results 

Taking the mean results for various voices, pre- 
ferences from 0-44 dB to 1-78 dB were registered in favour 
of the variable-emphasis system, compared with the present 
system. The standard errors of the mean for each voice 
were from 0-34 dB to 0-47 dB. The mean result for all the 
voices indicated a preference of 1-06 dB for the variable- 
emphasis system. 

3.3. Speech intelligibility in adverse reception condi- 
tions: effect of varying recovery-time of the first- 
stage I i miter 

3.3.1. General 



The aim of the present investigation was to find means 
of improving speech intelligibility whilst maintaining, or 
even improving, quality. It was therefore considered 
appropriate to retain in the experimental system the amount 
of compression used in the present system, namely a 16dB 
gain-reduction for a 1 kHz input signal at nominal 
maximum level. 

32. Speech intelligibility in adverse reception condi- 
tions: subjective evaluation of first experimental 
system 

3.2.1. Apparatus 

The apparatus used for the test comprised essen- 
tially (a) the processing arrangement now in service, and (b) 
the experimental variable-emphasis arrangement described 
in Section 2 (see Fig. 2), but with the overall spectrum 
shaping indicated in Fig. 4. The characteristics of the 
variable-de-emphasis stage were matched to the higher- 
frequency part of this spectrum-shaping and the recovery 
time was set at about 25 ms. The two systems being 
compared were arranged to have the same steady-state 
maximum output level and the same amount of gain reduc- 
tion (16 dB) for a 1 kHz signal at the nominal maximum 
input level. 

3.2.2. Test procedure 

Comparison tests were carried out by nine experi- 



Following the comparison of the experimental 
variable-emphasis arrangement with the system used at 
present, the effect of varying the recovery time, 7r 12 , of 
the first-stage limiter of the variable-emphasis system was 
also investigated. Reduction of this recovery time effec- 
tively shortens the periods of gain reduction and so raises 
the mean level of programme at the limiter output. How- 
ever, any resulting increase of intelligibility of the processed 
signal, in the presence of interference, cannot be estimated 
from objective level measurement, so further subjective 
tests were carried out to assess the merit, if any, of reducing 
the recovery time of the first-stage limiter. 

3.32. Apparatus 

The apparatus used for subjective assessment of the 
effect on intelligibility of reducing the recovery time of the 
first-stage limiter was basically the same as that described 
in Section 3.2.1. For these tests, however, the first-stage 
limiter was modified to provide a switched range of recovery 
times. 

33.3. Test procedure 

The performance of the variable-emphasis arrange- 
ment, with various values of recovery time in the first-stage 
limiter, was assessed under the conditions and by the 
method described in Section 3.2.2 for the earlier tests, 
i.e. essentially by comparison with the arrangement in 
service with the BBC. Tests were carried out on three 
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recovery-time of first-stage limiter, T^zjms 



Fig. 5 - Comparison of experimental variable-emphasis 
processing system with present processing system: attenu- 
ation of output signal of variable-emphasis system relative 
to that for present system for equal intelligibility in presence 
of interference. Data plotted as function of recovery time 
of first-stage limiter of variable-emphasis system 



i 



2 times standard-error of mean 



English male voices, representative of the eight used in the 
earlier tests, and for five different values of recovery time. 
Most of the tests were assessed by ten experienced observers, 
though for some only seven were available. 

3.3.4. Results 

Fig. 5 shows the output attenuation for the experi- 
mental system relative to that for the present system, for the 
same intelligibility, plotted as a function of the recovery 
time of the first-stage limiter in the variable-emphasis 
arrangement. The data presented is the mean for the three 
voices used, together with the standard error of the mean 
for each point. 

The graph indicates a distinct improvement of intelli- 
gibility as recovery time is reduced; the improvement 
relative to the present system rises from 1 dB for a recovery 
time of about 500 ms to 2-3 dB for a recovery time of 
about 50 ms. 

3.3.5. Effect on overall quality 

No formal tests were carried out to assess the effect 
on overall programme-quality of reducing the recovery time 
of the first-stage limiter. However, informal listening in 
the absence of interference suggests that, for a recovery 
time of 100 ms to 200 ms, the overall quality of speech, 
though different from that with a 500 ms recovery time, is 
neither markedly better nor worse. Over-emphasis of 
breathing noises and initial consonants remains substantially 
unchanged, but gain-fluctuation effects seem less obtrusive. 
The effective level of low-frequency signal components 
appears higher, presumably due to the more rapid gain 
recovery affecting the reverberant components of the 
speech signal. 

Interference with the natural reverberation effects in 



music is very marked with recovery times of 100 ms to 
200 ms. With still shorter recovery times a 'fluttering' 
effect sometimes also occurs on, for example, sustained 
passages in a choral work. The subjective impression with 
unprocessed sustained choral passages is one of substantially 
constant loudness, though the signal envelope is, in fact, 
fluctuating; introduction of processing by a limiter with a 
recovery time of less than about 100 ms tends to hold the 
envelope size more constant, but produces, subjectively, 
modulation of the loudness. 

3.4. Conclusions from experimental work 

It is too soon to put forward a final specification as a 
result of the investigation. However, it appears that a 1-5 
to 2 dB advantage in intelligibility under bad reception 
conditions, with a marginal improvement of quality for 
most types of programme under good conditions, is obtain- 
able using the arrangement of Fig. 2 with 

(a) overall spectrum shaping as shown in Fig. 4, 



(b) 



a first-stage limiter equivalent to a standard type 
of BBC delay-line limiter, but employing a recovery 

4.: „f -inn + rt onn ««^ 1.-..-1 



time of 100 to 200 ms, and 



(c) a second-stage limiter employing a rapidly varying 
de-emphasis control (no delay-line), with a recovery 
time of 25 ms. 

Such an arrangement, with some optional control of critical 
parameters, therefore forms a reasonable basis for a proto- 
type for field-trials under service conditions. 



4. Possible further improvements in signal process- 
ing for h.f. broadcasting 

The work described in this report was concerned essen- 
tially with the adaptation of a known variable-emphasis 
technique to the requirements of h.f. broadcasting. How- 
ever, during the investigation some additional devices, 
which might give further significant improvement of per- 
formance, were considered superficially. 

A major factor contributing to speech-quality impair- 
ment, in both the processing currently used for BBC h.f. 
broadcasting and in the experimental variable-emphasis 
arrangement, is the exaggeration of initial consonants and 
of breathing noises preceding voiced speech. This effect is 
related to the limiter recovery time, and it can obviously be 
made negligible by making the recovery time very long. 
Such an approach is, of course, unacceptable for h.f. broad- 
casting since it would depress the mean modulation-level 
and degrade reception in adverse conditions. The investi- 
gations of Section 3.3 were confined to the use of various 
fixed recovery times. However, some compromise seems 
possible if the recovery time were greatly extended 
during pauses in the programme. A few tests were carried 
out on speech with a simple 'gain-freezing' limiter based on 
this principle; the exaggeration of normally low-level 
sounds during pauses was indeed generally reduced, but the 
discontinuity in the gain-recovery rate sometimes became 
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obvious and the reproduced programme sounded 'jerky' 
and uneven in character. Effort could not be devoted at 
the time to further study of the technique but it seemed 
likely that the arrangement could be developed to give a 
worthwhile improvement in performance. 

An alternative and perhaps more promising method of 
avoiding undue exaggeration of normally low-level breath- 
ing and voice sounds is suggested by the principles 
outlined in an earlier report dealing with the automatic 
control of sound-signal level. 5 Here it was visualised that 
such a control system should include, in addition to circuits 
to limit excessively high-level signals and to obviate sus- 
tained periods of excessively low level, a relatively slow- 
acting circuit to regulate signals of intermediate level. 
For h.f. broadcasting a variation of this technique could be 
arranged to keep the mean level of the programme signals 
applied to the first stage of the variable-emphasis limiter 
roughly constant. It seems probable that the amount of 
compression introduced by the variable-emphasis first-stage 
limiter could then be reduced, without reducing speech 
intelligibility, giving a significant reduction in the forms of 
programme impairment associated with large control range 
and rapid gain recovery. 

Throughout the present investigation it has been evi- 
dent that the processing systems examined are no more 
than compromise solutions and, further, that the best com- 
promise for speech is not necessarily the best for music. 
Overall performance could obviously be improved if the 
form of processing used at any time could be matched to 
the programme then being transmitted, preferably by an 
efficient automatic speech/music discriminator. Such a 
technique, probably feasible but possibly prohibitively 
expensive if each transmitter is provided with an individual 
processing system, might be economically viable if the pro- 
gramme signals were processed centrally before distribution 
to transmitters. 



5. Conclusions 

Subjective tests have been carried out to assess the 
merits of a signal-processing system for h.f. sound-broad- 
casting incorporating spectrum shaping and a variable- 
emphasis limiter — essentially a variant of a form developed 
for f.m. sound-broadcasting. The results obtained indicate 
that, compared with the arrangement used at present, such 
a system could significantly improve speech intelligibility 
under adverse reception conditions (perhaps equivalent to a 
2 dB increase in transmitter power) and at the same time 
give a marginal improvement in the technical quality for 
most types of programme. It is recommended that new 
experimental equipment, based on the laboratory apparatus 
described in this report, with provision for adjusting the 
main parameters, should be constructed for field trial. It 
should be noted that the present work has aimed at small 
improvements of both intelligibility and quality, and the 
best compromise may be determined by trimming the vari- 
able parameters in the processing apparatus and suitably 
adjusting the programme input level in the course of a 
field trial. 

The use of limiter-gain-freezing, speech-music discri- 
mination and of phase-dispersion techniques, which were 
considered superficially in the present work, should be 
borne in mind for any further research on sound-signal 
processing where the aim is to improve speech intelligibility 
in adverse reception conditions while maintaining accept- 
able programme quality in favourable conditions. 
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